System Description
The system under consideration is the same system as shown in [1] - [3] [15] and [16] . Thus, we recall from [3] the block diagram of the system illustrated in Figure 1 . We adapt in the following most of the assumptions made in [3] 
4) The unknown channel [ ]
h n is modeled as a non-minimum phase FIR filter, which has zeros far from the unit circle.
5) [ ]
c n is a tap-delay line. 
where " * " denotes the convolution operation. The equalizer's output sequence may be written as: 
where µ is the equalizer's step-size, [ ] According to [3] , the residual ISI expressed in dB units may be written for biased input signals as:
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where ( ) ⋅ is the absolute value of ( ) ⋅ and p m is defined by: 
R is the channel length, 1 a , 12 a , 3 a are properties of the chosen equalizer and found by: 
Please note that (5) can be also applied for the non-biased case by substituting
E x n is higher than for the non-biased input signal case. Thus, it is reasonable to think according to (5) that improved equalization performance may be obtained from the residual ISI point of view for biased input signals compared to the non-biased version. But, on the other hand, the expression for p m in (5) may be much higher for biased input signals compared to the non-biased case due to the bias of the input sequence (namely, (12) which causes B (12) to be higher for biased input signals compared to the non-biased case. Please note that B (12) has a direct impact also on 1 A (8) and 1 B (9). Thus, from (5) it is unclear if improved or degraded equalization performance is obtained in the residual ISI point of view for biased input signal case compared to the non-biased version.
Condition for Improved Equalization Performance
In this section, we first derive a closed-form approximated expression for the difference in the residual ISI obtained by blind adaptive equalizers with biased input signals compared to the non-biased case. Then, based on this new derived expression, we derive the condition for which improved equalization performance is obtained from the residual ISI point of view for the non-biased input case compared to the biased version. In the following we denote dB ISI , 1 A , 1 B , B and SNR for the non-biased case (by substituting (8), (9), (12) and (14) (5), (8), (9), (12) and (14) 
where ISI ∆ is the closed-form approximated expression for the difference in the residual ISI obtained by blind adaptive equalizers with biased input signals compared to the non-biased case and 
Proof:
Based on (14) we have:
With the help of (11) and (18) we may write: 
From (20) we have:
Next by substituting 0 m = into (12) and using (18) 
The solution for p m given in (6) 
Now we substitute (32) into (34) and obtain: By using (16) and (23) we have:
Thus, according to (38), we may conclude that if > then improved equalization performance is obtained from the residual ISI point of view for the biased input case compared to the non-biased version. Please note that (37) depends on the step-size parameter, equalizer's tap length, input signal statistics, channel power, signal to noise ratio and on the properties of the chosen blind equalizer via 1 a , 12 a and 3 a from (13).
Simulation
In this section, ISI ∆ (15) was tested via simulation by using Godard's algorithm [17] . Please note that if 0 ISI ∆ > then improved equalization performance is obtained in the residual ISI point of view for the nonbiased input case compared with the biased version. The equalizer's taps for Godard's algorithm [17] were updated according to:
where, G µ is the step-size. 1; 1
A biased 16QAM, a modulation using ±{1, 3} levels for in-phase and quadrature components in addition to a given bias was considered. The bias for the real and imaginary axes were the same. In our simulation we used the channel given in [18] . Based on Figures 6-9 , the simulated results for ISI ∆ and those results obtained from (15) for ISI ∆ are very close. Thus, the expression for ISI ∆ (15) is accurate enough for saying that if 0 ISI ∆ > then improved equalization performance is obtained in the residual ISI point of view for the non-biased input case compared to the biased version. Please note that according to Figures 2-5 , improved equalization performance was obtained in the residual ISI point of view for the non-biased input case compared to the biased version which was also confirmed by the expression for ISI ∆ (15) since ISI ∆ was found to be positive for all the mentioned cases.
Conclusion
In this paper, we derived for the real and two independent quadrature carrier case a closed-form approximated expression for the difference in the residual ISI obtained by blind adaptive equalizers with biased input signals compared to the non-biased case. This expression depends on the step-size parameter, equalizer's tap length, input signal statistics, channel power, SNR and chosen equalizer via 1 a , 12 a and 3 a . It is applicable for blind adaptive equalizers where the error fed into the adaptive mechanism, which updates the equalizer's taps, can be expressed as a polynomial function of order three of the equalized output and where the gain between the input and equalized output signal is equal to one as is in the case of Godard's algorithm. Based on this expression, we have shown under what condition improved equalization performance is obtained from the residual ISI point of view for the non-biased case compared with the biased version.
